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DETAILED ACTION 



Response to Arguments 

1 . Applicant's arguments filed 07/06/2009 have been fully considered but 
they are not persuasive. 

Argument (Remarks pages 3 and 4): 

• Art not teaching "a memory for storing results of the Huffman 
decoding of the frame of encoded audio data, the results of the 
prediction decoding of the encoded audio frame, and the results of 
intensity coupling the frame of encoded audio data, wherein the 
results of the prediction decoding for the frame of encoded audio 
data at least partially overwrite the results of the Huffman decoding 
of the frame of encoded audio data, and wherein the results of the 
intensity coupling for the frame of encoded audio data at least 
partially overwrite the results of the prediction decoding of the 
frame of encoded audio data" 
Response to argument: 
Re Araki in view of Kodama not teaching "a memory for storing results of the 
Huffman decoding of the frame of encoded audio data, the results of the 
prediction decoding of the encoded audio frame, and the results of intensity 
coupling the frame of encoded audio data, wherein the results of the prediction 
decoding for the frame of encoded audio data at least partially overwrite the 
results of the Huffman decoding of the frame of encoded audio data, and wherein 
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the results of the intensity coupling for the frame of encoded audio data at least 
partially overwrite the results of the prediction decoding of the frame of encoded 
audio data", Examiner would first like to point out the identical nature of Araki 
with the present invention. Araki explicitly and identically teaches a well known 
advanced audio coding method (AAC), wherein Fig. 2 of Araki explicitly teaches 
elements 2-9 as a multiplexing version of the present invention Fig. 3. The 
present invention teaches a de-multiplexing routine which is merely a reverse 
operation of multiplexing. Araki alone teaches coding operation with a Huffman 
code table (Araki [0013]). Regardless, Examiner has still incorporated Kodama 
to address what is well known, wherein Kodama teaches Huffman decoding 
(Kodama Fig. 3 element 40) identical to the present invention (present invention 
drawings Fig. 3 element 410). 

Consider the present inventions support for partially overwriting data, 
merely states "audio decoding buffers may be carried out by monitoring memory 
usage during the program operation, analyzing memory allocation, determining 
data which may be overwritten, and calculating the minimum amount of memory 
(present invention spec. [0093]). Given this support, the act of partially 
overwriting data is merely construed as the act of partially overwriting data as is 
demonstrated by Kodama (Kodama Fig. 5). 

Consider the memory writing operations of Kodama, wherein a memory 
address is overwritten constantly. Though it may be obvious that partially 
overwriting memory is well known, Examiner will maintain the use of Kodama. 
Kodama gives a clear explanation of the well established use of partial memory 
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overwriting, wherein various portions of an address memory are overwritten 
between specific operations such as TNS, filter bank, block switching, etc. The 
time axis is demonstrated vertically and the memory address horizontally, 
showing the amount of memory effected with respect to time. 

Kodama goes on to state examples such as in the case where data is 
present which is not used in the noiseless decoding at the next stage, and which 
should be conserved to be used at the processing at the latter stage out of data 
generated at the bit stream decoding, an instruction is sent from the general 
purpose processor 10 to the DMA controller 15 to be saved in the external 
memory 1 immediately after the bit stream decoding. By doing so, the saved 
region can be used as a new data region immediately after the noiseless 
decoding. 

Thereafter, in the same manner, the general purpose processor 10 is 
controlled in such a manner that when the k-th processing is started, the content 
of the data memory 14 unnecessary for the k-th processing out of the k-1-th 
processing results is saved in the external memory 1 , the instruction group 
required for the k+1-th processing and data are transferred to the instruction 
memory 13 and data memory 14 from the external memory 1 . As a 
consequence, the audio coprocessor 1 1 is capable of decreasing the memory 
capacity required for performing audio processing with respect to the audio 
streams . Incidentally, symbol k denotes an arbitrary integer. 

FIG. 5 shows an example of time transition of the data memory 14 in the 
MPEG-2 AAC decoding processing. In FIG. 5, the horizontal axis denotes a 
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memory address while the vertical axis denotes time, respectively. Furthermore, 
the point shown by a black round mark denotes a start time of each processing 
while the black square mark denotes a start time of the DMA transfer. A graph 
shown in FIG. 5 shows which data in the processing from which time up to which 
time occupies which address space in the data memory 14. Consequently, FIG. 
5 is a view showing a state transition of the memory space in the data memory 
14 along with the transition of the processing (Kodama [0072]-[0074] & Fig. 3 and 
5). 

This overwriting method can easily be implemented between the 
decoding, intensity coupling, and prediction stages of Araki in the same manner it 
is implemented in Kodama. 

Thus, there is motivation for combining the well known teachings of Araki 
(Araki Fig. 2) with the memory overwriting methods as taught by Kodama 
(Kodama [0072]-[0074] & Fig. 3 and 5). 

Examiner has provided similar more explicit explanation and motivation to 
better define the memory overwriting operation that may not be easily identifiable 
based on Fig. 3 of alone. See rejection. 

Claim Rejections - 35 USC § 103 

2. The following is a quotation of 35 U.S.C. 1 03(a) which forms the basis for 
all obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described 
as set forth in section 102 of this title, if the differences between the subject matter sought to 
be patented and the prior art are such that the subject matter as a whole would have been 
obvious at the time the invention was made to a person having ordinary skill in the art to which 
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said subject matter pertains. Patentability shall not be negatived by the manner in which the 
invention was made. 

3. Claims 20-22, 24-26, 28, 29, 31 , 32 are rejected under 35 U.S.C. 1 03(a) 
as being unpatentable over Araki US 20020022898 A1 (hereinafter Araki) in 
view of Kodama US 20020013633 A1 (hereinafter Kodama). 

Re claims 20 and 28, Araki teaches a system for decoding an audio 
signal, said system comprising: 

one or more audio decoding circuits for performing one or more functions 
on a frame of encoded audio data, wherein the one or more audio decoding 
circuits ([0012] & Fig. 2) comprise; 

a Huffman decoder for Huffman decoding the frame of encoded audio 
data ([0012-0013] & Fig. 2 item 10); misspoken 

a prediction decoder for prediction decoding the frame of encoded audio 
data ([0012-0013] & Fig. 2 item 6); and 

an intensity coupling circuit for intensity coupling the frame of encoded 
audio data ([0012-0013] & Fig. 2 item 5) 

a memory for storing results of the Huffman decoding of the frame of 
encoded audio data, the results of the prediction decoding of the encoded audio 
frame, and the results of intensity coupling the frame of encoded audio data, 
wherein the results of the prediction decoding for the frame of encoded audio 
data at least partially overwrite the results of the Huffman decoding of the frame 
of encoded audio data, and wherein the results of the intensity coupling for the 
frame of encoded audio data at least partially overwrite the results of the 
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prediction decoding of the frame of encoded audio data ([0012-0013] & Fig. 2 
transition from item 6 to item 10). 

However, Araki fails to teach results of the intensity coupling for the frame 
of encoded audio data at least partially overwrite the results of the prediction 
decoding 

Kodama states examples such as in the case where data is present which 
is not used in the noiseless decoding at the next stage, and which should be 
conserved to be used at the processing at the latter stage out of data generated 
at the bit stream decoding, an instruction is sent from the general purpose 
processor 10 to the DMA controller 15 to be saved in the external memory 1 
immediately after the bit stream decoding. By doing so, the saved region can be 
used as a new data region immediately after the noiseless decoding. 

Thereafter, in the same manner, the general purpose processor 10 is 
controlled in such a manner that when the k-th processing is started, the content 
of the data memory 14 unnecessary for the k-th processing out of the k-1-th 
processing results is saved in the external memory 1 , the instruction group 
required for the k+1-th processing and data are transferred to the instruction 
memory 13 and data memory 14 from the external memory 1 . As a 
consequence, the audio coprocessor 1 1 is capable of decreasing the memory 
capacity required for performing audio processing with respect to the audio 
streams. Incidentally, symbol k denotes an arbitrary integer. 

FIG. 5 shows an example of time transition of the data memory 14 in the 
MPEG-2 AAC decoding processing. In FIG. 5, the horizontal axis denotes a 
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memory address while the vertical axis denotes time, respectively. Furthermore, 
the point shown by a black round mark denotes a start time of each processing 
while the black square mark denotes a start time of the DMA transfer. A graph 
shown in FIG. 5 shows which data in the processing from which time up to which 
time occupies which address space in the data memory 14. Consequently, FIG. 
5 is a view showing a state transition of the memory space in the data memory 
14 along with the transition of the processing (Kodama [0072]-[0074] & Fig. 3 and 
5). 

Therefore, it would have been obvious to one of ordinary skill in the art at 
the time of the invention to modify the system of Araki to incorporate results of 
the intensity coupling for the frame of encoded audio data at least partially 
overwrite the results of the prediction decoding as taught by Kodama to allow for 
an audio processing method capable of decreasing the memory capacity 
required for performing audio processing with respect to the audio streams 
(Kodama [0072]-[0074] & Fig. 3 and 5). 

Re claims 24 and 31 , Araki teaches the system of claim 22, wherein the 
one or more audio decoding circuits further comprise a filter bank ([0012-0013] & 
Fig. 2 item 3) 

Re claims 25 and 32, Araki teaches the system of claim 22, wherein the 
one or more circuits further comprises a temporal noise shaper ([0012-0013] & 
Fig. 2 item 4) 
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Re claim 26, Araki teaches a system for decoding an audio signal, said 
system comprising: 

a first audio decoding circuit for performing a first audio function on a 
frame of encoded audio data ([0012-0013] & Fig. 2), wherein the first audio 
decoding circuit is selected from a group consisting of an inverse quantizer for 
inverse quantizing the frame of encoded audio data, a bitstream demultiplexer for 
demultiplexing the frame of encoded audio data, and a filter bank for filtering the 
frame of encoded audio data; 

a second audio decoding circuit for performing a second audio function on 
a frame of encoded audio data, wherein the second audio decoding circuit is 
selected from a group consisting of a bitstream demultiplexer for demultiplexing 
the frame of encoded audio data a filter bank for filtering the frame of encoded 
audio data, and an intensity coupler for intensity coupling the frame of encoded 
audio data a memory for storing outputs of the first audio decoding circuit ([0012- 
0013] & Fig. 2) 

However Araki fails to teach the first audio decoding circuit is selected 
from a group consisting of an inverse quantizer for inverse quantizing the frame 
of encoded audio data, a bitstream demultiplexer for demultiplexing the frame of 
encoded audio data, and a filter bank for filtering the frame of encoded audio 
data 
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wherein the memory stores the outputs of the second audio decoding 
circuit on the frame over at least a portion of the results of the first audio 
decoding circuit on the frame 

Kodama teaches (like the present invention [0019]) an instruction memory, 
wherein Kodama teaches the instruction memory 13 stores an instruction code 
with respect to the general purpose processor 10. Furthermore, the data 
memory 14 stores various data to be processed by the general purpose 
processor 10. Furthermore, the general purpose processor 10 performs 
processing in accordance with the instruction code stored in the instruction 
memory 13. In the embodiment, the general purpose processor 10 captures and 
buffers the data (audio streams) primarily required in the audio coprocessor 1 1 . 
Then, the general purpose processor 10 fetches data such as various tables, a 
filter bank coefficient and the like corresponding to the progress stage of the 
audio data reconstruction processing, and delivers the data to the audio 
coprocessor 1 1 . Further, the general purpose processor 10 stores data obtained 
by the audio coprocessor 1 1 in the data memory 14, and controls the DMA 
controller 15 (Kodama [0034-0035]). 

Further, Kodama demonstrates a demultiplexing routine nearly identical to 
that of the present invention with the exception of prediction being shown 
(Kodama Fig. 3 items 42 and 40), wherein Kodama furthermore teaches two 
memories present which write information back and forth based on the function 
of each stage of Fig. 3 (Kodama Fig. 4a and 4B). 
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Therefore, it would have been obvious to one of ordinary skill in the art at 
the time of the invention to modify the system of Araki to incorporate the first 
audio decoding circuit is selected from a group consisting of an inverse quantizer 
for inverse quantizing the frame of encoded audio data, a bitstream demultiplexer 
for demultiplexing the frame of encoded audio data, and a filter bank for filtering 
the frame of encoded audio data, wherein the memory stores the outputs of the 
second audio decoding circuit on the frame over at least a portion of the results 
of the first audio decoding circuit on the frame as taught by Kodama to allow for 
the progressive retrieval of data at various stages during an audio (i.e. MPEG-2, 
etc.) demultiplexing routine, wherein audio data can be freely captured relative to 
an instruction memory that transfers information along a series of functions (i.e. 
prediction, gain, quantization, Huffman/noiseless, etc.) (Kodama [0034-0035]). 

Re claim 27, Araki teaches the system of claim 26, wherein the first audio 
decoding circuit comprises a filter bank for filtering the frame of encoded audio 
data and wherein the second audio decoding circuit comprises a bitstream 
demultiplexer ([0012-0013] & Fig. 2 item 5), and further comprising: 

However, Araki fails to teach wherein the memory stores the output of the 
intensity coupler over at least a portion of the results of the second audio 
decoding circuit 

Kodama teaches (like the present invention [0019]) an instruction memory, 
wherein Kodama teaches the instruction memory 13 stores an instruction code 
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with respect to the general purpose processor 10. Furthermore, the data 
memory 14 stores various data to be processed by the general purpose 
processor 10. Furthermore, the general purpose processor 10 performs 
processing in accordance with the instruction code stored in the instruction 
memory 13. In the embodiment, the general purpose processor 10 captures and 
buffers the data (audio streams) primarily required in the audio coprocessor 1 1 . 
Then, the general purpose processor 10 fetches data such as various tables, a 
filter bank coefficient and the like corresponding to the progress stage of the 
audio data reconstruction processing, and delivers the data to the audio 
coprocessor 1 1 . Further, the general purpose processor 10 stores data obtained 
by the audio coprocessor 1 1 in the data memory 14, and controls the DMA 
controller 15 (Kodama [0034-0035]). 

Further, Kodama demonstrates a demultiplexing routine nearly identical to 
that of the present invention with the exception of prediction being shown 
(Kodama Fig. 3 items 42 and 40), wherein Kodama furthermore teaches two 
memories present which write information back and forth based on the function 
of each stage of Fig. 3 (Kodama Fig. 4a and 4B). 

Therefore, it would have been obvious to one of ordinary skill in the art at 
the time of the invention to modify the system of Araki to incorporate the memory 
stores the output of the intensity coupler over at least a portion of the results of 
the second audio decoding circuit as taught by Kodama to allow for the 
progressive retrieval of data at various stages during an audio (i.e. MPEG-2, etc.) 
demultiplexing routine, wherein audio data can be freely captured relative to an 
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instruction memory that transfers information along a series of functions (i.e. 
prediction, gain, quantization, Huffman/noiseless, etc.) (Kodama [0034-0035]). 

Re claim 29, Araki teaches the method of claim 28, further comprising: 
Huffman decoding the frame of encoded audio data ([0012-0013] & Fig. 2 
item 10); 

However, storing results of Huffman decoding the encoded audio data in 
the memory over at least another portion of the results of the one or more audio 
decoding functions comprising decoding ([0012-0013] & Fig. 2 transition from 
item 6 to item 10, merely replacing data after adjustment). 

Re claim 30, Araki teaches the system of claim 22, wherein the one or 
more audio decoding circuits further comprises an intensity coupling circuit 
([0012-0013] & Fig. 2 item 5). 

Conclusion 

4. THIS ACTION IS MADE FINAL. Applicant is reminded of the extension of 
time policy as set forth in 37 CFR 1 .1 36(a). 

A shortened statutory period for reply to this final action is set to expire 
THREE MONTHS from the mailing date of this action. In the event a first reply is 
filed within TWO MONTHS of the mailing date of this final action and the advisory 
action is not mailed until after the end of the THREE-MONTH shortened statutory 
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period, then the shortened statutory period will expire on the date the advisory 
action is mailed, and any extension fee pursuant to 37 CFR 1.136(a) will be 
calculated from the mailing date of the advisory action. In no event, however, will 
the statutory period for reply expire later than SIX MONTHS from the mailing 
date of this final action. 

Any inquiry concerning this communication or earlier communications from 
the examiner should be directed to Michael C. Colucci whose telephone number 
is (571)-270-1847. The examiner can normally be reached on 9:30 am - 6:00 
pm, Monday-Friday. 

If attempts to reach the examiner by telephone are unsuccessful, the 
examiner's supervisor, Richemond Dorvil can be reached on (571)-272-7602. 
The fax phone number for the organization where this application or proceeding 
is assigned is 571-273-8300. 
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Information regarding the status of an application may be obtained from 
the Patent Application Information Retrieval (PAIR) system. Status information 
for published applications may be obtained from either Private PAIR or Public 
PAIR. Status information for unpublished applications is available through 
Private PAIR only. For more information about the PAIR system, see http://pair- 
direct.uspto.gov. Should you have questions on access to the Private PAIR 
system, contact the Electronic Business Center (EBC) at 866-217-9197 (toll- 
free). If you would like assistance from a USPTO Customer Service 
Representative or access to the automated information system, call 800-786- 
9199 (IN USA OR CANADA) or 571-272-1000. 
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